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BACKGROUND OF THE INVENTION 

The present invention relates to resource allocation in a mobile telephone system and more particularly 
to a method of efficiently allocating processor time in the mobile services center or base station of a mobile 
5 radiotelephone system. 

Because of the mobility of transceivers in a mobile radiotelephone system, the transmission quality of calls 
in progress is continually varying, as with increased distance, changes in terrain, etc. In order to ensure ade- 
quate transmission quality and ultimate satisfaction of the subscriber, it is necessary to continually monitor 
the transmission quality of calls in progress, switching calls from one channel to another if transmission quality 
10 would thereby be improved. 

Another factor affecting transmission quality is the transmission power of the various mobile stations. 
Transmission power is set at the mobile stations in response to commands relayed through the base station 
from the mobile services center or possibly originating at the base station. The power must be set at such a 
level as to ensure a clear signal but at the same time avoid undue interference with transmissions of other 
15 mobile stations. 

The job of call monitoring to ensure high quality service is performed by the processor of the mobile ser- 
vices center or the base station and becomes very time consuming, especially at peak load hours when a mul- 
titude of calls are simultaneously in progress. Because of the great demands placed upon the processor's time 
by the call-monitoring function, it may not be feasible to realize other desirable functions and subscriber ser- 

20 vices without exceeding the processor's capacity. Using the present invention, the time demands of the call- 
monitoring function can be reduced such that additional processing time is then freed up to implement other 
desirable processing functions. 

Another advantage of the present invention may be described as "optimal performance at overload 
peaks". Although the aim of system design always is to dimension the system in such a way that overload 

25 peaks during busy hours are avoided, almost inevitably there will sometimes be overload situations, since traf- 
fic is stochastic. In mobile telephony, the demands on software have increased more rapidly than hardware 
has been developed with the result that overload situations seem to be more and more frequent. Without the 
benefit of the present invention, all connections are caused to suffer equally from the lack of CPU power during 
an overload situation. Using the invention, overloads disturb the overall radio supervision performance to a 

30 much lesser extent 

SUMMARY OF THE INVENTION 

According to the present invention, transmission quality of an ongoing call in a mobile radiotelephone sys- 
35 tern is monitored by measuring parameters indicative of transmission quality, evaluating transmission quality 
according to the measured parameters, repeatedly measuring the aforementioned parameters at intervals, and 
repeatedly evaluating transmission quality according to the measured parameters at a time interval variable 
according to the results of the previous evaluation. Effectively, the calls in progress are divided into different 
classes according to transmission quality with some classes requiring monitoring relatively frequently and other 
40 classes requiring monitoring relatively infrequently. Alternatively, the waiting interval according to which a call 
is monitored may be determined on an individual call-by-call basis. 

BRIEF DESCRIPTION OF THE DRAWINGS 

45 Figure 1 is a block diagram of the hardware interface between the mobile services center and the base 

station in a mobile radiotelephone system; 

Figure 2 is a detailed block diagram of a mobile station that may be used in conjunction with the present 
invention; 

Figure 3 is a detailed block diagram of a base station that may be used in conjunction with the present 
so invention; 

Figure 4 is a block diagram of measurement handling processes in the central processor. 
Figure 5 is a plan diagram of a service area cell and its neighboring cells; 
Figure 6 illustrates a measurement result message sent from a mobile station to a base station; 
Figure 7 is a flowchart representation of a routine used to locate the best channel for carrying an ongoing 
55 call according to the prior art; 

Figure 8 is a flowchart representation of such a routine modified according to the present invention. 
Figure 9 is a flowchart illustrating how a monitoring interval for a call connection may be adaptiveiy set 
according to several different factors; and 
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Figure 10 is a timing diagram illustrating operation of measurement handling with a monitoring interval be- 
ing adaptively set. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

5 

Referring now to Figure 1, control communications between the mobile services center and a base station 
of a known mobile radiotelephone system are carried out across a predetermined channel (in this instance, 
channel 16) of a larger number of channels (in this instance, 32) defined by respective time slots in time-division 
multiplex fashion and comprising a communications frame exchanged between the mobile services center and 

10 the base station on a four-wire line 11. Slot communications functions are handled by an exchange terminal 
circuit ETC on the mobile services center side and by a multiplexer MUX on the base station side. Data com- 
munications are formatted according to the CCITT 7 standard by a signalling terminal central STC on the mo- 
bile services center side and a signalling terminal regional STR on the base station side. Overall control of 
the mobile services center and the base station is performed by a central processor CP of the mobile services 

15 center. Voice communications, however, are not directly handled by the central processor CP but pass unin- 
terrupted through the multiplexer MUX and the exchange terminal circuit ETC to a group switching subsystem 
GSS for proper call routing. 

The base station consists principally of a number of autonomous channel units typically including a radio 
transmitter TX and a radio receiver RX controlled by a control unit CU. In addition to a number of voice channels, 

20 N, there is provided a control channel, a channel tester and a signal strength receiver, the last having a control 
unit and a radio receiver but no transmitter. The control channel is used, among other things, to set up calls 
across the various voice channels. The channel tester allows trouble-shooting and diagnostics to be performed 
under control of the mobile services center. 

The switching of messages among the various control units is performed by a regional processor EMRP 

25 13 ("extension module regional processor") in cooperation with a message distributor MD. The EMRP 13 cal- 
culates control unit addresses and scans the control units to see if a message is waiting. The message dis- 
tributor puts messages into HDLC format and converts messages from parallel on the channel unit side to ser- 
ial. An additional EMRP 15 is used to provide a human interface including a simple I/O terminal and various 
external alarms. 

30 The operation of the signal strength receiver wOl now be described in detail. The function of the signal 

strength receiver is to allow active mobile stations in neighboring cells to be "located" in the event that call 
quality is so impaired as to require hand-off of the call. "Locating" may also be considered to be the process 
of locating the best base station to handle a call experiencing quality problems. The signal strength receiver 
cyclically scans all of the system frequencies. The mobile services center, however, specifically instructs the 

35 signal strength receiver to accumulate data concerning frequencies of active mobile stations in neighboring 
cells. The control unit of the signal strength receiver averages successive samples of these frequencies and 
sends measurement results to the mobile services center. In the event hand-off becomes necessary, the mo- 
bile services center can select an appropriate successor base station, typically the base station measuring 
the strongest signal strength on the call frequency. 

40 Referring now to Figure 2, an embodiment of a mobile station that can be utilized in a cellular telephone 

system that operates in accordance with the present invention is illustrated. This particular example pertains 
to a mobile station that can be used in a digital communications system, i.e., one in which digitized voice in- 
formation is transmitted between base and mobile stations. Furthermore, the operation of the system is ex- 
plained in the context of full-rate transmissions in a time division multiple access (TDMA) system, in which each 

45 packet of digital information is interleaved over two spaced time slots in a frame of data. It will be readily ap- 
preciated, however, that the invention is equally applicable to other types of cellular radio systems, such as 
those in which information is transmitted in an analog format, transmitted digitally at half rate, or transmitted 
in other access modes such as frequency division multiple access (FDMA) or code division multiple access 
(CDMA). 

so in the mobile station depicted in Figure 2, a speech coder 101 converts the analog signal generated by a 

microphone into a binary data stream. The data stream is then divided into data packets, according to the TDMA 
principle. Afast associated control channel (FACCH) generator 102 generates control and supervision signal- 
ling messages that are transmitted from the mobile station to the land-based system. The FAACH message 
replaces a user frame (speech/data) whenever it is to be transmitted. A slow associated control channel 

55 (SACCH) generator 103 provides signalling messages that are transmitted over a continuous channel for the 
exchange of information between the base station and the mobile station and vice-versa. A fixed number of 
bits, e.g., twelve, is allocated to the SACCH for each time slot of a message train. Channel coders 104 are 
respectively connected to the speech coder 101, FACCH generator 102, and SACCH generator 103 for ma- 

3 
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nipulating the incoming data in order to carry out error detection and correction. The techniques used by the 
channel coders 104 are preferably convolutional encoding, which protects important data bits in the speech 
code, and cyclic redundancy check (CRC), wherein the perceptually significant bits in the speech coder frame, 
e.g., twelve bits, are used for computing a seven-bit check. 

A selector 105 is connected to the channel coders 104 associated with the speech coder 101 and the 
FACCH generator 102, respectively. The selector 105 is controlled by a microprocessor controller 130 so that, 
at appropriate times, user information over a particular speech channel is replaced with system supervision 
messages over the FACCH. A two-burst interleaver 106 is coupled to the output of the selector 105. Data to 
be transmitted by the mobile station is interleaved over two time slots. A packet of 260 data bits, which constitute 
one transmitting word, is divided into two equal parts and is interleaved over two different time slots. The effects 
of RAYLEIGH fading are reduced in this manner. The output of the two-burst interleaver 1 06 is provided to the 
input of a modulo-two adder 107 so that the transmitted data is ciphered bit-by -bit by logical modulo-two-ad- 
dition of a pseudo-random bit stream. 

The output of the channel coder 104 associated with the SAACH generator 103 is connected to a 22-burst 
interleaver 108. The 22-burst interleaver 108 interleaves data transmitted over the SACCH over 22 time slots 
each consisting of 12 bits of information. 

The mobile station further includes a Sync Word/DVCC generator 109 for providing the appropriate syn- 
chronization word (Sync Word) and DVCC (digital verification color code) to be associated with a particular 
connection. The Sync Word is a 28 bit word used for time slot synchronization and identification. The DVCC 
is an 8-bit code which is sent by the base station to the mobile station and vice-verse , for assuring that the 
proper channel is being decoded. 

A burst generator 110 generates message bursts for transmission by the mobile station. The burst gener- 
ator 110 is connected to the outputs of the module-two-adder 107, the 22-burst interleaver 108, the Sync 
Word/DVCC generator 109, an equalizer 114, and a control channel message generator 132, to integrate the 
various pieces of information from these respective units into a single message burst For example, according 
to the published U.S. standard EIA/TIA IS-54, a message burst comprises data (260 bits), SACCH (12 bits), 
Sync Word (28 bits), coded DVCC (12 bits), and 12 delimiter bits, combined for a total of 324 bits. Under the 
control of the microprocessor 130,two different types of message bursts are generated by the burst generator 
110: control channel message bursts from the control channel message generator 132 and voice/traffic mes- 
sage bursts. The control channel message replaces the SACCH as well as the speech data normally generated 
in a voice/traffic burst. 

The transmission of a burst, which is equivalent to one time slot, is synchronized with the transmission of 
other time slots, which together make up a frame of information. For example, under the U.S. standard, a frame 
comprises three full-rate time slots. The transmission of each burst is adjusted according to timing control pro- 
vided by the equalizer 114. Due to time dispersion, an adaptive equalization method is provided in order to 
improve signal quality. For further information regarding adaptive equalization techniques, reference is made 
to U.S. Patent No. 5,088,1 08 granted February 11,1 992, and assigned to the same assignee. Briefly, the base 
station functions as the master and the mobile station is the slave with respect to frame timing. The equalizer 
114 detects the timing of an incoming bit stream from the base station and synchronizes the burst generator 
110. The equalizer 114 is also operable for checking the Sync Word and DVCC for identification purposes. 

A frame counter 111 is coupled to the burst generator 110 and the equalizer 114. The frame counter 111 
updates a ciphering code utilized by the mobile station for each transmitted frame, e.g., one every 20 ms. A 
ciphering unit 1 1 2 is provided for generating the ciphering code utilized by the mobile station. A pseudo random 
algorithm is preferably utilized. The ciphering unit 112 is controlled by a key 113 which is unique for each sub- 
scriber. The ciphering unit 112 consists of a sequencer which updates the ciphering code. 

The burst produced by the burst generator 110, is forwarded to an RF modulator 122. The RF modulator 
122 is operable for modulating a carrier frequency according to the ti/4-DQPSK method (nIA shifted, Differ- 
entially encoded Quadrature Phase Shift Keying). The use of this technique implies that the information is dif- 
ferentially encoded, i.e., 2-bit symbols are transmitted as four possible changes in phase: ± nIA and ± 3rc/4. 
The transmitter carrier frequency supplied to the RF modulator 122 is generated by a transmitting frequency 
synthesizer 124 in accordance with the selected transmitting channel. Before the modulated carrier is trans- 
mitted by an antenna, the carrier is amplified by a power amplifier 123. The RF power emission level of the 
amplifier is selected on command by a microprocessor controller 130. 

A receiver carrier frequency signal is generated in accordance with the selected receiving channel by a 
receiving frequency synthesizer 125. Incoming radio frequency signals are received by a receiver 126, the 
strength of each signal being measured by a signal level meter 129. The received signal strength value is then 
sent to the microprocessor controller 130. An RF demodulator 127, which receives the receiver carrier frequen- 
cy signal from the receiving frequency synthesizer 125 and the radio frequency signal from the receiver 126, 
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demodulates the radio frequency carrier signal, thus generating an intermediate frequency. The intermediate 
frequency s,gna .then demodulated by an IF demodulator 128, which restores the original */4-r£pSK 
modulated digital information. 

The restored digital information provided by the IF demodulator 128 is supplied to the equalizer 114 A 

as.ngle-bitdata stream. The symbol detector 115 in turn producesthree distinct output signals. Control channel 
messages are sent to a control message detector 133 which supplies detected control LnnSZ££ZZ 

ZZISXSSJST 13 °- A h T Ul T° 3dder 107 and 3 ^ burSt ^«^ver 116 raconsTumhe 
10 tZ ^^ S J? y assembhna and ^arranging information from two time slots of the received data. 

U^TV h SUPP " eS SACCH d3ta t0 3 22 " bUrSt ^"terleaver 1 1 7. The 22-burst deinterleaver 11 7 

reassembles and rearranges the SAACH data spread over 22 consecutive frames 

The two-burst deinterleaver 116 provides the speech data/FACCH data to two channel decoders 118 The 
convdutionally encoded data is decoded using the reverse of the above-described coding principTe The™ 
ceived cydic redundancy check (CRC) bits are checked to determine if any error has occuro The" FaJ Si 
ZtT'r furthermore detecte the disti "c«on between the speech channel and m^SSoH SSJSSZ 

llZ^l: T^T*™ 118 aCCOrdin9 ' y - ASPe6Ch d6COder 119 Processes tJLJS speeci date 
from the channel decoder 11 6 in accordance with a speech coder algorithm (e.g.. VSELP). and generates the 
received speech signal. The analog signal is finally enhanced by a filtering technique. MesJagS o^te £ 
. ZZZZZZZSZS d6teCted * 3 FACCH — 120 ' - «» — n is fraLerr^r 
datJS Sf? f T 22 " bUrSt deinter,eaver 117 is Prided te a separate channel decoder 118. A SACCH 
SZZZXZSSTT °" Sl ° W aSS ° Cteted ^ a " d — tbat «on to the 

The microprocessor controller 1 30 controls the mobile station activity and the base station communication 

zszzi a * termin ? keyboa,d input and disp,ay ° utput iai - Decisi ° ns * the n-onSsisrs 

2 dhSTnTS: T w nCe With reCeiVed m8SSageS and "laments that are made The keybZ 
and display unrt 131 enable mformation to be exchanged between the user and the base station 

that ,,,UStrat " an embodiment of a base station that can be utilized in a cellular telephone system 

mZST a ~° ^ W ' th the PreSSnt inVention " The base station incorporates numerous component 
Parte whreh are substantially identical in constructions and function to component parts of the mobite Son 

in TESa -hK J " C ° njUnCti0n thereWith - SuCh """tica. component pJZ££££l 
anTEntilS SET, ^ "T UUI " d nereinabova in »• "ascription of the mobile station, but 
are differentiated therefrom by means of a prime (') designation 

tian 2VL^° WeVeT ' f 0,116 dis A tinctions between the mobile and base stations. For instance, the base sta- 
tion has two receiving antennas. Associated with each of these receiving antennas are a receiver 126' an RF 

and TT' 7 ^ a " T demodu,ator 128 ' Furthermore, the base station does not include a user keyboard 
and display unit 131 as utilized in the mobile station. ■«»yuu<jra 

Digital systems of the type described in connection with Figures 2 and 3 involve a significantly increased 
LTH 0 IT Parametere - This b * «seff results in increased demands on processing power iKHj 
SlTahbSr^T m ° bi,e k Stati0ns tnat continuously perform measurements on the contro. channel 

" 9 baS f ffT SUCh 8 teChnidUe a " OWS f ° r improved locati "9 as wi » Presently be described. 
■ h • f f 9 r te,ephony ' tne hi 9 her the s &nal strength, the higher the speech quality This is only true 
ZSSSEF' t0 8 " mted 6Xtent: When 811 bit errare « b « erected, an addila. increase 25£S 
level is reached, there may still be reason for handoff. 

ha I" 9 . a ! 90rithm ind '? ateS th3t the Same SpeeCh qua,i * ma y be obta 'ned by using a neighboring 

r, rf r ? ,OWer h pow r level ' a cha "9 e to the neighboring base station will be benef total If al?mobiles 

? IT" W ,6Ve,> the ^ tranSmitti "9 powe ' «» network will be 
fm^ovf 6 ? > < transmitting power, especially in high-density traffic areas, will lead to an 
improved C/l (carner-to-interference) ratio, which results in better radio performance overall 

. In a proposed digital system, for example, the locating algorithm continuously calculates the expected 
power decrease that a handoff would give for each of the surrounding base stations (up to a ZZZ 
while still main aining sufficient speech quality. This is done by comparing the received signal strength meas- 

55 at a JL^ LTof 6 - 8 ^?" ^ h 2? knOW " tranSmitted ° UtpUt P ° Werfrom the base stat i°n I question to Trnvt 
fbiHiZ ? , 88 ♦ ° r di8tance attenuation". For example, the mobile station measures the downlink 

1 m0b, ' eSta ' ,on) qUa ' ity a " d Si9nal Stre " 9th 0n the current connection, as well as the signal 
tTnT* T^ 9 ^ Stati ° nS - additi ° n> the base station measures the uplink quality and signal 

strength as received from the mobile station. About twice a second, these measurements are reported to the 
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base station. The measurements are evaluated through the use of extensive algorithms. Occasionally, the re- 
sults of these evaluations may be, for example, a handoff of the mobile station to another base station, or a 
power change order sent to the mobile station. 

Therefore, whereas the more conventional approach to locating and handoff simply attempts to maintain 
5 good quality, a more recent approach is to maintain good call quality at minimum transmitting power. This new 
strategy (continuous evaluation) obviously requires more processing power, especially when the number of 
surrounding base stations is high. Even the more conventional approach to locating and handoff will involve 
increasingly extensive computations as the number of measured parameters increases in the transition from 
analog to digital systems. The present invention may therefore be used to advantage in all types of radiotele- 
10 phone systems both analog and digital, including both systems designed to maintain good call quality at mini- 
mum transmission power and systems designed to maintain good call quality only. 

The measurement handling functions of the central processor may be realized using several different 
measurement handling processes as illustrated in Figure 4. Each process is duplicated for each active con- 
nection. . 
15 An active channel measurement handling process ACM receives the contents of a measurement result 

message from each active mobile station about twice a second. The measurement result message may have 
the form illustrated in Fig. 6, for example. Following a field identifying the type of message as a measurement 
result message, measured bit error rate (BER) and signal strength (SS) for the connection's own channel is 
presented in a pair of fields, after which signal strength only of n additional channels is presented in n equal- 
20 length fields. The status of the data is interpreted and stored for each message. The 64 most recent data gen- 
erations are stored. 

A locating process LOC requests data (for one or more generations) from ACM. The measurements are 
processed. When found suitable, a handoff to another connection is proposed to the call handling function in 
the central processor. 

25 A power regulation process PWR requests data (for one or more data generations) from ACM. The meas- 

urements are processed. When found suitable, a new transmitting power is sent to the mobile station. 

A disconnect proposal process DISC requests data (for one or more data generations) from ACM. The 
measurements are processed. When found suitable (for example, when the mobile station is lost or not acting 
properly), an abortion of the current connection is proposed to the call handling function in the central proc- 

30 essor. 

In addition, recording and statistic functions may be activated for some connections/cells using a statistics 

process STATS. t 

According to the foregoing arrangement, since numerous parameters must be stored and evaluated for 
each busy system channel, the channel monitoring task becomes a significant burden on the central processor 
35 CP of the mobile services center. At peak demand hours, for example, the mobile services center may super- 
vise hundreds of calls in progress simultaneously, resulting in thousands of signal strengths to be continually 
updated and evaluated. 

The present invention alleviates the aforementioned processing burden by recognizing that not each chan- 
nel requires equal monitoring and by allocating processor monitoring time on the basis of need rather than 

40 indiscriminantly. For example, referring to Figure 5, the channel used by a mobile M, in the immediate vicinity 
of the base station will inevitably require less monitoring attention than a channel used by a mobUe station M 2 
located near the cell border. 

The improvement of the present invention may be better appreciated with reference to Figure 7, repre- 
senting the locating function performed by the central processor CP of the mobile services center or the base 

45 station in a conventional mobile radiotelephone system. In a first step S1 , signal strengths and associated para- 
meters are collected from the signal strength receivers and voice channel units. In steps S2-S4, each of the 
channels is monitored in turn, and if the channel is busy, it is ascertained whether the maximum signal strength 
is that of the base station presently handling the call or of another base station (step S5). If reception at another 
base station is clearer than at the base station presently handling the call, then the call will be handed off to 

so the better qualified base station if possible in step S8. Also, even if signal strength is maximum at the base 
station presently handling the call, if the quality Q of the call is not greater than a minimum acceptable quality 
Q lm , or if the distance of the mobile from the base station is greater than a maximum acceptable distance A,, m , 
then the call will also be handed off. This procedure is repeated for each of the channels (for example, 312 
voice channels), and the locating routine then runs to completion. 

55 In one embodiment of the present invention, on the other hand, channels are placed in different classes 

depending on the previously-noted characteristics of the channel. Whether or not hand-off is required is eval- 
uated at different time intervals for the different classes. Initially, all of the channels may be placed in a first 
class having the shortest evaluation time. 
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aging (e.g., of signal strength) may be performed over the five most recent samples. In a cell where no fast 
changes in signal strength are likely to happen (e.g., a flat call with no obstructive objects), a set of equal 
weighting parameters (1/5, 1/5, 1/5, 1/5, 1/5) might be appropriate. This indicates that all samples are given 
the same weight. In a cell where fast changes of signal strength are likely to happen (e.g., a "street cell"), the 

5 system has to react very fast to changes, applying an extra weight to the most recent measurement samples. 
This is achieved by setting parameter values to (1/2, 1/4, 1/8, 1/1 6. 1/16) for example. This weighting represents 
a "stiff* parameter setup, stressing the importance of the most recent samples. 

Determining a weight function to account for radio measurements is somewhat more involved. In a pro- 
posed digital system, a handoff to a new cell may be attempted for any of the following reasons: a better cell 

10 for handling the call has been found, call quality has unacceptably deteriorated, or the distance of the mobile 
station and the base station has become too great. 

Whenever a neighboring cell is found to be significantly superior to the cur rent cell, a handoff is attempted. 
The comparison is made using a proper unit, such as path loss or signal strength. A weight value W(better 
cell) is chosen, proportional to the difference between current cell and the best neighboring cell. The value is 

15 chosen in the interval (0.5 ... 2.0). Thus, if the gap to the second best cell is very large, the result is W(better 
cell) = 2.0. 

When the quality of the current connection, determined from the bit error rate, has fallen below a certain 
limit (preset by operator), a handoff is attempted. A weight value W(bad quality) is chosen, proportional to the 
difference between actual measured quality and the present alarm limit. The value is chosen in the interval 
20 (0.5 ... 2.0). Thus, if the gap to the alarm limit is very large, the result is W(bad quality) - 2.0. 

When the actual distance between the mobile station and the base station, determined from the timing 
advance information field, has exceeded a limit (preset by the system operator), a handoff is attempted. A 
weight value W(distance) is chosen, proportional to the difference between actual measured distance and the 
preset alarm limit. The value is chosen in the interval (0.5 ... 2.0). Thus, if the gap to the alarm limit is very 
25 large, the result is W(distance) = 2.0. 

The final value of W(radio) is then selected in the following way with a value range of 0.5 to 2.0: 
W(radio) = MIN( W(better), W(quality), W(distance)). 
The total value range for TJ/VAIT is therefore: 

T_WAIT(min) = (0.016) * (0.5) * (0.5) * (0.5) * T_WAIT_NOM 
30 T_WAIT(max) = (1.56) * (2.0) * (2.0) ♦ (2.0) * T_WAIT_NOM 

Assuming a nominal T_WAIT value of 200 ms at a processor load of 80% (T_WAIT_NOM - 200 ms), the 
value range will be: 

T_WAIT(min) = 0.002 * 200 ms = 0.4 ms 
T_WAIT(max) = 12.5 * 200 ms = 2.5 s 
35 An example of the operation of measurement processes for call monitoring according to the present in- 

vention will now be given with reference again to Fig. 4. In this example, different evaluation times are set for 
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The "service" function, ACM, receives measurement result data at a rate of about twice per second. When 
45 data are unpacked, checked and stored, ACM does nothing besides keep the data available, waiting for the 
next measurement result message to arrive. 

The "user" functions (LOC, PWR and DISC), related to the same connection as ACM above, are not syn- 
chronized to either ACM or each other. That is, LOC, for example, does not know when new data has arrived 
at ACM. This implies that after an evaluation, LOC has to decide by itself at which time the next request for 
50 data shall be sent to ACM. The same applies to PWR and DISC. 

This time delay until the next data request is the time T_WAIT referred to. If the waiting interval is too 
short, the probability that new measurement data has arrived at ACM is low, and an unnecessary processor 
load is caused. If the waiting interval is too long, an undesired delay is caused which can be critical in the in- 
stance of handoff or power regulation decisions. 
55 Figure 10 exemplifies timing for processes related to one connection. In the figure, the character "L" in- 

dicates, with respect to ACM only, that a new message with data has arrived from the measurement result 
process. With respect to LOC, PWR and DISC, the character "L," indicates a time at which new measurement 
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data are requested from ACM; if new data has arrived since the last requested time, they are returned to th« 
jequesbng process. For the purposes of illustration, the example follows the LOG prece^ £ 

^lT^ZT^T' eVa !T ati0n> th6Se data indiC3te 3 not - to -P^ ra'dtoTnntln To Lo d 
T^e-™ ™ ? 6 ! 7 . k ? " eW data a " Mdy at T1me= < 2 > : i e - after a shor * delay T WAIT. However at 
1^- ( ^ h3S be8n reC6ived by ACM - This is o^rved by LOC. The Delay T~WAIT is kept short 

£ T1me=<3). new measurement data are received. An evaluation of these new data ideates I however that 
the current rad,o connection has recovered. Thus. LOC decides to increase the value of 7 WA.T StSS? 
a request for new data is sent to ACM. - 1 ' MI 1 Inrie -W. 

According to the foregoing method, processor time is conserved without being expended unnecessary 
evaluatmg strong channels, or equivalent*, processor time is allocated to tasks for wS it to 
namely evaluatmg weak channels. Saved processor time may therefore be used to realize addiZal system 

to advantage in connect.on w.th any function applied to the voice channels of a mobile radiotelephone system 
using the processor capacity of the mobile services center. aoioie.epnone system 

rh M T n he n7- WA,T J metHOd detai ' ed abOVS fe most effective in applications where signalling is reasonably 

SSEXZHZ °°T7 I °Z U time) - ° therWiSe ' Sh ° rt " T - WA,T " times wi » ,ead * extensivelSng 
which itself becomes a load problem. In situations where extensive signalling is undesirable, an alternate at 

!^ZT:^^:T e - ^ bS the CaSe ' f ° r SXam ' J,e in the GSM system * 

In the approach detailed above, locating and power regulation are performed by processes running asvn- 

orecZ An"! T* to 6aCh ° ther ' 6aCh res P° nsible ^fetching its own measurement date mini the ACM 
ne^or strn 8 .^"^ aPProaCh * * LOC. and PWR into one process obviating the 

2«1?Z 9 9 Processes. When measurement date arrives from the radio base station the ACM 

Z^S^TTT'^IZ ^ ° f ProCSSS iS °° mp,eted SUCh that — suremen't date Jre 
urem^H Z 1 ' 2°" ***** L ° C f °" OWS - LOC ma * now be used to ma ke an evaluation of meas- 

uatfons If tl ^T y ; ° WeVer ' llT* a,S ° te dedded " L ° C l ° Skip this evaluation < or ^en more evt 
uations), if t h e radio situation ,s considered stable. In this case, the execution of PWR starts etc 

By deciding for how many measurement generations including the current generation tha evaluation can 
that ST lly S3me r6SUlt fe aChieV6d 38 Whe " the ,T - WA,T '• tech "^ a * "sed ^dtferencTis 

ZSZZSZSS ZT 3 ^ r xamp,e ; in terms " " skip eva,uation for the next four -a~ t 

generations instead of set T.WAIT value equal to two seconds- as described above. The basic orinciole in 

However, the actual environment (hardware, operating system) will of course be reflected in the acZtteMs 
of implementation as will be apparent to one of ordinary skill in the art 

It will be appreciated by those of ordinary skill in the art that the present invention can be embodied in 
Ibi t' C Tk W , hOUt d6Parting ^ th8 Spirit ° r essential character tha -of. The?resenCS2osed 

venSTs in^H Tj?" C ° nS ? ered a " reSpSCtS to be " ,UStrative and not restricte °- The scZ oHhe S 
vent on is indicated by the appended claims ratherthan the foregoing description, and all changes which come 
within the meaning and range of equivalents thereof are intended to be embraced therein 



Claims 



1 ' sTps'off ° f m ° nitorinS ,ransmission ^ality of a call in a mobile radiotelephone system, comprising the 

P^nw^Z^* * 8 radi ° Channe ' Carfyin9 SaW 03,1 31 3 «*-* ° f receiver sites *> vie.d a 
evaluating said measurements; 
repeating said measuring step at intervals; 

orisin/ 6 ^!" 19 , 83 ^ 7 a,Uatin ? ste P at a variab,e "me interval equal to the smallest value of a set com- 
posing a first value determined from a measurement indicative of quality of reception at a receiver ste 

a mobi le; " 9 T. Ca "'. 3 S6COnd V3,Ue determ,ned «»» a measurement indicative of a d^ce of 
de^rmfned f^m ZZ ^k^" ^ Said ""^ S ' te preS6nt,y hand,in 9 said ca ». a "< a third va'ue 
a te^Lt '^TT * measure ™ntat said receiver site handling said 

call and a greatest signal strength measurement at the remaining receiver sites- and 
issuing a command calculated to improve said transmission quality. 

2. An apparatus for monitoring transmission quality of a call in a mobile radiotelephone system comprising: 
means for measunng propert.es of a radio channel carrying said call at a plurality of receiver sites 
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to yield a plurality of measurements; 

means for evaluating said measurements; 

means for repeating said measuring step at intervals; 

means for repeating said evaluating step at a variable time interval equal to the smallest value of 
a set comprising a first value determined from a measurement indicative of quality of reception at a re- 
ceiver site presently handling said call, a second value determined from a measurement indicative of a 
distance of a mobile station party to said call from said receiver site presently handling said call, and a 
third value determined from a difference between a signal strength measurement at said receiver site han- 
dling said call and a greatest signal strength measurement at the remaining receiver sites; and 

means for issuing a command calculated to improve said transmission quality. 

3. A method of monitoring transmission quality of a call in a mobile radiotelephone system, comprising the 
steps °^ easurjng quajjty Qf reception of said eg,, at a ce || receiver presently handling said call and at a 

plurality of neighboring cell receivers; 

determining a distance between a mobile station party to said call and said cell receiver presently 

handling said call; 
evaluating: 

whether quality of reception is better at a neighboring cell receiver; 
whether quality of reception at said cell receiver handling said call is unacceptable; and 
whether said distance between said mobile station party to said call and said cell receiver 
presently handling said call is greater than a predetermined limit 
repeating said measuring step at intervals; 

repeating said evaluating step at a variable time interval equal to the smallest value of a set com- 
prising a first value determined from said quality of reception at said cell receiver presently handling said 
call a second value determined from said distance of said mobile station from said cell receiver presently 
handling said call, and a third value determined from a difference between quality of reception at said cell 
receiver handling said call and a highest quality of reception at the neighboring cell receivers; and 

issuing a command calculated to improve said transmission quality. 

4. A method of monitoring transmission quality of a call in a mobile radiotelephone system, comprising the 

StGDS Of" 

measuring signal strength of said call at a plurality of receiver sites to yield a plurality of signal 
strength measurements; 

evaluating said signal strength measurements according to critena of transmission quality; 
repeating said measuring step at intervals; 

repeating said evaluation step at a variable time interval according to the results of a previous eval- 
uation step; and 

issuing a command calculated to improve said transmission quality. 

5. An apparatus for mobile telephony comprising: 

data processing means responsible for transmission quality of radio communications in a plurality 

of cells; t ... 

means for classifying transmission channels into classes according to transmission quality; 

means for evaluating transmission quality of different classes of transmission channels at different 
time intervals; and 

means for issuing a command calculated to improve said transmission quality. 

6 The apparatus of claim 5 wherein a time interval for evaluating transmission quality of a class of trans- 
mission channels previously determined to be of high transmission quality is longer than an interval for 
evaluating transmission quality of a class of transmission channels previously determined to be of rela- 
tively lower transmission quality. 
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SET NOMINAL VALUE: 
T-WAIT - T-INAIT-NOM 



CHECK PROCESSOR LOAD; 
T_mir * W(LOAD) * T-WAIT 



CHECK CELL TYPE; 
WAIT - W(CELL) * T-WAIT 



CHECK RADIO MEASUREMENTS; 
T.ITAIT * W( RADIO) * T^WAIT 



TIME h — 9.«S____ t 
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